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Abstract 

Matched  filtering  can  be  implemented  in  a 
variety  of  ways  using  an  assortment  of  devices. 

One  straightforward  technique  employs  the  Si-on- 
LiNbO^  structure  as  a programmable  correlator.  A 

more  versatile  configuration,  however,  can  be 
realized  by  the  utilization  of  chirp  devices. 

With  these  devices,  signal  Fourier  (chirp)  trans- 
forms are  readily  obtainable  and  correlation  fol- 
lows with  an  inverse  transformation  of  the  product 
of  transforms.  This  paper  demonstrates  the  selec- 
tive removal  of  jamming  noise  (by  transform 
gating)  for  a continuous  PSK  Barker  encoded  bi- 
nary input  signal  along  with  some  probability  of 
error  data  for  this  system.  The  output  of  this 
system,  in  the  absence  of  noise,  consists  of  a 
continuous  stream  of  plus  and  minus  correlation 
peaks.  The  technique  for  transforming  contin- 
uous signals,  based  upon  the  knowledge  of  the 
region  of  transform  validity,  will  be  discussed. 

Introduction 

Chirp  filters  have  proven  to  be  extremely  ver- 
satile devices  specifically  when  utilized  in  a real- 
time Fourier  (chirp)  transformation  system.1”^  When 
properly  implemented  the  output  of  such  a system  is 
an  accurate  time  domain  representation,  over  a fi- 
nite period  of  time,  of  the  Fourier  Transform  (i.e. 
complex  frequency  spectrum)  of  the  time-limited  in- 
put signal.  For  signals  much  longer  than  the  im- 
pulse response  of  the  chirp  filter,  a time  limiting 
function  is  impressed  upon  the  signal  and  the  resul- 
tant transform  envelope  is  appropriately  weighted. 

The  output  region  of  transform  validity  is  a func- 
tion of  the  width  of  the  time  limited  input  signal 
and  the  interaction  time  of  the  chirp  filter.  Fur- 
thermore, the  magnitude  of  the  resultant  Fourier 
transform  is  the  actual  magnitude  of  this  complex 
function  and  the  phase  is  an  intimate  part  of  the 
phase  of  the  modulating  chirp.  Although  a complex 
function,  the  real  and  imaginary  parts  of  the  trans- 
form are  In  phase  quadrature  so  that  the  output  is 
always  real,  as  it  must  be.  These  real  and  imaginary 
parts  can  be  isolated  from  one  another  by  use  of 
properly  phased  chirps  in  a dechirping  operation. 
Since  the  Fourier  transform  obtainable  with  these 
Hiis  work  was  partially  supported  by  the  U.S.  Arny 
Research  Office  under  Grant  No.  DAAG29-77-G-0205. 
1978  Ultrasonics  Symposium  Proceedings,  IEEE  Cat.  No. 
78CHllW*-lSU. 


devices  is  a satisfactory  representation  of  a sig- 
nal's frequency  spectrum,  in  real  time,  it  is  ex- 
tremely desirable  to  want  to  adjust  input  signal 
characteristics  by  direct  modification  of  the  sig- 
nal's frequency  spectrum,  after  which  the  modified 
signal  can  be  recovered  by  an  inverse  transforma- 
12 

tion.  One  simple  form  of  spectrum  modification 
is  time  gating,  which  can  be  used  to  realize  adapt- 
able filters  by  applying  the  Fourier  transform  and 
a timed  pulse  or  pulses  to  a mixer  or  fast  rf 
switch.  Such  a technique  has  been  demonstrated  for 
the  selective  removal  of  a narrowband  interference 

1+ 

from  finite  noncontiguous  encoded  data  bits.  When 
the  signal  is  isolated  and  of  duration  less  than  the 
interaction  time  of  the  chirp  filters  employed  in 
the  chirp  transformer,  the  appropriation  of  its 
Fourier  transform  is  straightforward  with  no  inter- 
ference from  neighboring  signals.  However,  contig- 
uous data  streams  must  be  handled  in  a systemized 
orderly  fashion,  otherwise  the  output  of  the  system 
would  be  erroneous.  Since  the  entire  signal  trans- 
form is  impossible  to  obtain,  one  must  be  satisfied 
with  systematically  taking  the  Fourier  transform 
of  small  slices  of  the  signal  and  performing  opera- 
tions on  each  of  the  individual  transforms  of  the 
resultant  continuous  transform  stream.  Specifically 
the  signal  must  be  split  up  into  two  (or  more)  alter- 
nating streams  so  that  transformation  can  be  per- 
formed on  each  slice  of  the  signal  without  inter- 
ference from  neighboring  slices.  This  process  will 
be  elaborated  upon  in  the  next  section  and  a repre- 
sentative system  will  be  described  showing  actual 
results  obtained.  In  particular  this  system  will 
demonstrate  the  implementation  of  a contiguous  data 
correlation  receiver  realized  by  multiplying  the 
transforms  of  the  coded  data  bits  with  the  reference 
code  transforms  and  then  performing  inverse  trans- 
formations to  result  in  the  desired  correlations. 
System  performance  will  then  be  evaluated  in  terms 
of  actual  probability  of  error  data  obtained  for 
the  correlation  receiver. 


Contiguous-Time  Processing 


There  are  a variety  of  receiver  structures 
utilizing  Fourier  transformation  and  matched  fil- 
1, 

tering.  All  of  these  structures  permit  the  adapt- 
able notch  filtering  of  a narrowband  .jamming  signal 
and  are  otherwise  optimum  structures  for  reception 
in  white  Gaussian  noise.  The  signal  may  be  trans- 
formed, gated  and  then  inverse  transformed  before 
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can  be  studied  in  order  to  develop  an  understanding  of 
the  steps  required  to  insure  accurate  correlation  at 
the  output  to  the  receiver.  Both  f(t)  and  g(t)  (a 
receiver-generated  replica  of  the  input  signal  where 
f(t)  represents  the  incoming  signal  plus  noise),  exist- 
ing over  the  range  0 < t < A , are  first  premultiplied 
by  the  chirp 

O 

m(t)  = cos  (to  t - St  ) (2; 

s 


i 

i 


After  these  chirp  modulated  signals  are  passed  through 
chirp  filters  having  impulse  responses  of  h(t),  the 
outputs  are  given  by  2 

A(t)=eJ^‘V20i)t  + 0t  ^F(2Pt-<ns-knL-2S.e)  + c.c.  (3) 

B(t)=eJ^“l"29i^t  + 0t  ^(SPt-u^-imj-SSX)  + c.c.  ^ 

X + A < t < X + T 
where  ' , 

A 

F(cn)  = C f (t)e-^cutdt 

Jn 

and 


'0 

A 


i(u>)  = ^ g(t)e'^atdt 

Jn 


(5) 

(6) 


The  Fourier  transforms  (and  the  complex  conjugates)  of 
the  two  signals  have  been  individually  obtained  with  a 
time  to  frequency  correspondence  given  by  co=23t-cos  + 

tu^-2SX,  valid  over  the  region  l + A < t < l + T.  These 


transforms  are  modulated  by  chirps  that  are  identical 
to  the  impulse  response  of  the  chirp  filter.  The  trans- 
form region  of  validity  is  determined  as  that  time 
during  which  the  entire  time-limited  signal  is  totally 
overlapped  by  the  impulse  response  of  the  chirp  filter 
in  the  convolution  integral  defining  the  output,  so  that 
the  limits  of  this  integral  can  be  set  to  plus  and  minus 
infinity  without  error.  Although  the  entire  output, 
beginning  l seconds  after  the  signal  ends,  must  be 
T +A  seconds  wide,  the  valid  region  is  only  T-Asec- 
onds  in  duration  preceeded  and  proceeded  by  A wide 
invalid  regions  resulting  from  the  sliding  transform 

of  the  signal. ^ In  a sliding  transform  of  this  form 
every  point  not  only  represents  a frequency  component 
of  a different  delayed  portion  of  the  signal  but  the 
signal  is  also  disappearing  totally  from  the  integral. 
The  invalid  region  sliding  transforms  can  also  be  con- 
sidered as  diagonal  slices  of  the  3-dimensional  running 
transform  (magnitude  versus  frequency  versus  delay)  of 

the  signal.10  Some  conditions  on  the  magnitude  of  A 
can  now  be  considered.  Since  the  invalid  regions  of 
the  transformation  can  only  be  detrimental  to  the  corre- 
lation process,  if  allowed  to  remain,  they  must  be  gated 
out  prior  to  Fourier  inversion.  Since,  however,  it  is 
known  that  the  next  signal  bit  begins  at  time  t = 2 A 
with  its  total  output  beginning  at  time  t = i,  it 
can  be  seen  that  the  overlap  of  the  two  outputs  is  T- 
Awide.  It  is  therefore  necessary  that  the  condition 


T -A<  A or  A>  | (7) 

be  met,  otherwise  the  invalid  transformation  regions  of 
neighboring  bits  will  overlap  into  the  valid  regions 
and  cannot  be  gated  out.  Furthermore,  if  Bc=  | g'll  ' 

|o)q|  and  B is  the  minimum  signal  bandwidth  required  for 

satisfactory  correlation  characteristics,  then 

T -A>  I?  orA<T(l-|-)  (8) 

Bc  Bc 

This  simply  states  that  the  time  duration  of  the  valid 
region  of  the  signal  transform  be  at  least  wide  enough 
to  accommodate  the  bulk  of  the  signal  spectrum.  It  is 
not  enough,  however,  that  this  region  be  of  the  proper 
width,  but  the  signal  transform  must  also  be  centered 
within  this  time  window.  Hie  portion  of  the  signal 


transform  'viewed'  through  this  window  is  a function  of 
the  starting  frequency  of  the  modulating  chirp  so  that, 
to  center  the  transform,  the  following  condition  must 
be  met,  namely 

oil  * =0 

|t=i  + — £ — or  + 0^T  + A)  (9) 

With  this  value  of  the  valid  portion  of  the  transform 

represents  the  signal  spectrum  over  the  frequency  inter- 
val -0CT  -A)  < u>  < 0(T  -A),  while  the  chirp  modulation 
extends  over  the  interval  + 2 3 A<  ui  < cn  + 23T  inde- 
pendent of  u>s.  Both  the  positive  and  negative  portions 

of  the  signal  transforms  should  be  retained  otherwise, 
with  the  negative  portion  eliminated,  the  output  would 
represent  the  autocorrelation  of  the  complex  function 

/v  /\ 

f(t)  + j f(t)  , where  f(t)  is  the  Hilbert  transform  of 
f(t).  Before  continuing  with  the  discussion  of  the 


correlating  system  of  Fig.  3,  a few  additional  comments 
should  be  made.  First  of  all,  it  is  straightforward 
to  show  that  the  chirp  convolution  process  will  result 
in  terms  representing  the  Fourier  transform  and  its  com- 
plex conjugate  due  specifically  to  the  sum  terms  of  the 
cosine  multiplication.  However,  the  output  also  consist 
of  integrals  resulting  from  the  difference  terms.  These 
integrals  represent  the  Fresnel  transform  and  complex 
conjugate  of  the  signal  given  by 

F„(20t-tu)  -tou-20i)=  ^ (f(r)e1  ) e"^23t‘ltus''ul"23i^Tdr 

s x Jo 

i +A<  t < £ +T  (10) 

With  03s=uj^+  @(T+A),  the  valid  portion  of  this  transform 
represents  the  frequency  interval  2ui^+0(T+3A  < co  < 

2ui. +0(3T+A  • Since  the  Fresnel  transform  is  the  Fourier 
1st2 

transform  of  f(t)  eJ  or  the  convolution  of  F(io)  and 

-■i“ 

e , which  still  resides,  in  bulk,  at  the  origin, 
the  above  integral  results  in  the  negligible  high  fre- 
quency portion  of  the  Fresnel  transform  during  the  valid 
interval  and  can  be  ignored.  This  argument  is  supported 
by  Fig.  4,  where  every  successive  trace  represents  a 

smaller  value  for  cu  . As  w decreases  the  Fourier  win- 
s s 

dow  represents  a higher  frequency  portion  (DC  moves  to 
the  left)  while  the  Fresnel  window  represents  a lower 
frequency  portion  (DC  moves  to  the  right).  As  expected 
the  Fresnel  Transform  makes  its  appearance  in  the  final 
trace.  Mote  that  when  a Fresnel  Transform  is  intention- 
ally taken  by  using  identically  sloped  chirps  the  Fourier 
high  frequency  components  will  also  be  there.  This  will 
not  occur,  however,  if  the  Fresnel  is  obtained  by  an  rf 
modulation  and  chirp  device  combination.  The  second 
comment  concerns  the  fact  that  from  a general  rule  of 
spectrum  analysis  a finite  signal  must  liave  an  infinite 
frequency  spectrum.  Although  this  is  true,  the  dominant 
portion  of  almost  any  practical  signal  will  reside  in  a 
well  defined  region  of  the  frequency  spectrum.  The 
windowing  of  the  Fourier  transform  will  result  in  a con- 
volution of  the  signal  with  a sine  function  upon  inver- 
sion, but  in  this  case  the  distortion  would  be  small. 
Since  the  convolution  of  a sine  function  with  two  sepa- 
rate signals  that  are  later  convolved  is  the  same  as 
convolving  this  sine  function  with  the  convolution  of 
the  two  signals,  i.e. 

(sinc*f1)  * (sinc*f2)=sinc*(f1*f:,)  (11) 

then  the  resultant  correlation  from  our  receiver  will 
also  be  convolved  with  this  sine  function  which  should 
be  negligible  for  spectrums  concentrated  on  one  portion 
of  the  frequency  axis. 

Returning  to  the  process  depicted  in  Fig.  3,  it  is 
seen  that  the  reference  transform  term  is  modified  prior 
to  multiplication  with  the  signal  transform  term.  This 
modification  results  in  the  selection  of  the  reference 


t 
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transform  form  given  by  _ 

c(t)=eJ((2^-2«)t+Bt  )G(o>)  +0-c<  (12) 

X + A < t < X + T 

Although  multiplication  with  A(t)  and  further  processing 
results  in  many  terms,  only  those  of  importance,  that 
lead  to  terms  which  fall  within  the  passband  of  the 
transform  inversion  chirp  filter,  will  be  discussed. 
'Multiplication'  of  A(t)  and  C(t)  using  a mixer  results 
in  the  term  with  rf  modulation  given  by 
j(uv-tu>„)t  * 

D(t)=e  x F (co)  G(<u)  + c.c.  ^ 

X + 

Multiplying  this  by  the  chirp  cos^cUp-SBX^BAJt+Bt2) 

results  in  the  terms  p 

j((uu^  -o>  +2BXt20^t-0t2)  * 

E(t)=e  X d 1 F (a>)  G(m)  + c.c. (14) 

X + A < t < X + T 

Convolving  this  with  h(t)  one  obtains 

f*g(t-  -2X-A)  cos((2oiL-a)s-4f3i)t+Bt‘:;)  (1?) 

2X+T<t<2X+T+A 

or  the  delayed  version  of  the  correlation  of  f(t)  with 
g(t)  valid  in  the  time  interval  2XfT  < t < 24+  T +A 
with  a chirp  modulation  that  can  be  removed  by  a succes- 
sive coherent  detection  with  the  same  chirp.  Note  that 
since  the  region  of  validity  of  this  correlation  is 
only  as  wide  as  the  original  signal,  only  half  of  the 
correlation  can  be  viewed.  Low  level  high  frequency  por- 
tions of  the  transform  need  not  be  used  so  that  this  much 
more  of  the  inverse  can  be  seen.  But,  since  the  corre- 
lation peak  is  the  only  portion  of  the  output  required 
in  making  a bit  decision,  the  sidelobes  can  be  ignored. 
The  overlap  of  the  invalid  regions  into  the  valid  ones, 
in  this  case,  lead  to  the  same  criterion  aluded  to  pre- 
viously concerning  the  size  of  A . The  output  correla- 
tions, as  with  the  transforms,  may  be  centered  within 
their  valid  regions  by  the  condition 


in  most  (or  all)  cases,  is  not  negligible  and  can  be  an 
appreciable  percentage  of  the  overall  chirp  filter  im- 
pulse response.  It  may  therefore  be  desirable  to  design 

T 

devices  with  initial  delays  exactly  equal  to  - so  that 

the  transforms  evolve  in  the  second  time  period  following 
the  bit  period  and  likewise  for  the  correlation.  Under 
these  conditions  all  the  chirp  streams  can  be  obtained 
by  the  technique  just  mentioned.  It  is  important  to 
note  that  the  mixing  operation  is  a rather  crude  approx- 

7 

imation  to  the  required  multiplication  of  transforms. 

Biis  can  be  seen  in  Fig.  5 where  the  inputs  to  a mixer 
were  a triangular  rf  and  a constant  rf.  When  the  con- 
stant rf  saturates  the  mixer  the  output  is  a fairly 
accurate  representation  of  the  triangular  rf  (not  shown 
but  scribed  onto  the  picture).  For  small  constant  rf, 
however,  the  output  deviates  markedly  from  the  proper 
triangular  rf.  Biis  problem  is  alleviated  by  the  use 
of  wide  band  four-quadrant  multipliers.  This  problem 
does  not  arise  in  any  of  the  other  mixing  processes  in 
the  system  since  one  of  the  signals  can  be  made  large 
enough  to  always  saturate  the  mixer. 

Lastly,  there  is  an  item  of  concern  as  to  the 
method  used  in  the  generation  of  the  chirp  streams.  Un- 
less stable  VCO's  are  available  with  equally  stable  ramp 
generators  to  feed  these,  the  best  method  of  chirp  gene- 
ration is  the  'impulsing'  of  chirp  devices  identical  to 
those  in  the  system.  In  this  way  (if  the  impulses  are 
stable)  every  chirp  in  a stream  is  coherent  with  one 
another  and  their  slope  and  phase  variations  closely 
match  with  every  device  in  the  system.  Dechirping  of 
the  correlations  in  this  case  results  in  the  proper 
pulse  polarity  since  all  chirps  are  generated  and  syn- 
chronized at  the  receiver.  Large  VCO  chirp  variations 
cause  erroneous  polarity  fluctuations  from  a coherent 
detection  or  dechirpinr.  process.  Furthermore,  a slight 
mismatch,  £ , in  chirp  slope  results  in  the  taking  of  a 
Fresnel  transform  instead  of  a Fourier.  This  would 
appear  as  follows  „ A 

j(U-20X)t+Bt2)* 

Fj(t)=e  1 J (f(r)e  ) (16) 


20  ~ a = u W-o; 

t=2X+  T + 

or 

u)f  = co  -0  ( 2T  - A) 

With  this  value  of  <u  the  valid  portion  of  the  output 
represents  the  correlation  over  the  time  interval 

< t so  that  the  center  of  this  window  represents 

the  peak  of  the  signal  autocorrelation.  The  correlation 
chirp  modulation  for  = u>^+0(T  +A)  extends  in  fre- 
quency over  the  valid  region  uj^+0(T  - A)  < a)  < ^+0(T  +A) 
If  one  now  selects  the  convenient  value  of  A - - then 

the  valid  regions  for  the  transform  and  correlation  are 
T 

both  - seconds  wide.  Furthermore,  if  X=0  then  the 

transform  of  one  bit  will  exactly  coincide  with  the  time 
of  occurrence  of  the  next  bit  and  the  correlation  will 
coincide  with  the  bit  following  this  one.  Also,  the 
signal  modulating  chirp  m (t),  the  transform  modulating 

chirp  m_(t)  and  the  correlation  demodulating  chirp  m (t) 

- c 

have  frequency  variations  over  the  — second  wide  period 
given  by 

uj  + tAs-<^)  < u>  < ay*-  ^(u^-a^)  (17) 

In  this  -ase  the  four  alternating,  chirp  streams  m^(t) 
and  m,.(t)  can  be  derived  from  the  two  alternating  chirp 
streams  m.(t)  by  multiplication  with  cos(u^-*uu)t  where 

filtering  of  the  high  frequency  chirp  occurs  at  the 
chirp  device.  It  must  be  mentioned,  however,  that  X, 


- j (20t-ajs*tri ^ -2PX )t 
e 

x + A<  t < x + T 


dT  + c.c. 


so  that  one  obtains  a Fourier  transform  that  is  convol- 
ved with  the  chirp  e”^^  , a distortion  that  is 
appreciable  for  large  £ . 

System  Description 

The  implementation  of  the  contiguous  correlation 
.receiver  used  in  this  study  is  depicted  in  Fig.  6 with 
actual  outputs  comparable  to  Fig.  £ shown  in  Fig.  7. 

Fig.  8 shows  the  correlation  quality  obtainable  when  a 
single  small  time  duration  7-bit  Barker  Code  is  applied 
to  a finely  tuned  non-contiguous  version  of  this  system. 
In  this  case  chirp  filters  were  used  to  generate  the 
chirp  streams  and  coherent  detection  followed  smoothly. 
Due  to  lack  of  a sufficient  number  of  devices,  however, 
the  continuous  system  was  built  around  a wideband  VCO, 
and  although  the  chirp  could  be  removed,  the  correlation 
peaks  varied  wildly.  Tile  six  chirp  filters  in  this 

system  were  borrowed  from  Andersen  laboratory."*2  Although 
those  IMCONS  are  not  SAW,  but  bulk  wave  devices,  their 
performance  is  equivalent  if  not  identical  to  tlieir  SAW 
counterparts.  All  the  devices  had  approximately  120us 
wide  chirp  durations,  6 Mhz  dispersion  over  this  tira> 
interval,  15  Mhz  center  frequency  and  an  initial  delay 
of  about  30ms*  Although  the  delay  was  appreciable, 
the  transforms  and  correlations  were  tuned  in  such  a way 
as  to  keep  the  dominant  portions  within  the  bit  time 
intervals.  Even  though  some  of  each  transform  and 
correlation  extended  into  the  next  bit  interval,  multi- 
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plication  by  chirps  existing  only  during  the  - wide  bit 

interval  times,  and  coinciding  with  them,  eliminated 
very  little  of  the  useful  part  of  the  signal.  Errors 
could  not  be  counted  for  the  randomly  fluctuating  corre- 
lating peaks  obtained.  Fig.  9,  however,  shows  the  low 
pass  filtering  and  resultant  improvement  of  the  con- 
tiguous code  correlation  stream  by  time  gating  of  the 
alternating  Fourier  transform  streams  (here  showed 
summed  for  convenience).  The  signal  was  decreased 
(explaining  the  poor  correlation  peaks)  and  a high  level 
monochromatic  jammer  was  applied.  Hie  signal  was  carrier 
modulated  to  facilitate  addition  of  the  jammer  in  an  rf 
summer.  The  jammer  components  resided  at  frequencies 
greater  than  the  signal  carrier  frequency. 

System  Evaluation 

Since  the  most  meaningful  performance  measure  of 
a digital  communication  system  is  the  probability  of 
error  it  would  seem  adequate  to  evaluate  the  correla- 
tion system  on  this  premise.  Although,  as  previously 
noted,  error  counting  was  not  possible  with  our  contig- 
uous system,  probability  data  was  obtained  for  the  non- 
contiguous version  of  the  system.  Our  argument  is  that 
the  contiguous  system,  as  so  structured,  can  be  recog- 
nized as  the  combination  of  two  non-contiguous  systems, 
and  the  same  probability  of  data  results  apply.  One 
may  argue  that  in  a contiguous  correlating  system,  inter- 
symbol interference  must  be  accounted  for.  However,  as 
previously  noted,  the  correlations,  as  with  the  trans- 
forms, are  never  allowed  to  overlap.  Therefore,  we  say 
that  intersymbol  interference  will  not  exist  and  that 
the  non-contiguous  data  is  sufficient  to  describe  the 
performance  of  the  contiguous  system. 

For  a binary  phase-shift  keyed  signal  detected  in 
additive  white  Gaussian  noise,  it  is  well  known  that 

the  optimal  receiver  is  a matched  filter.  For  such  a 
receiver,  the  probability  of  error  is  given  by 

Pe  = f (*  Vp)  (19) 

MO 

where  ^ 

E - ener»y  per  bit  of  the  signal 


Employing  a matched  filter  in  the  receiver  optimizes 
the  probability  of  error  performance  and  a notch  filter 
partially  removes  large  error  sources  such  as  narrow- 
band  jammers.  Fig.  10  shows  the  probability  of  error 
for  the  correlating  receiver.  The  details  of  how  these 
curves  were  obtained  can  be  found  in  Ref.  4.  Curve  A 
is  the  theoretical  curve  given  by  the  above  equation. 
Curve  B,  within  l/2  dB  of  curve  A,  is  the  actual  system 
performance.  Curve  C shows  the  damaging  effects  of  a 
jammer  on  the  probability  of  error  with  a jammer  to  sig- 
nal ratio  of  about  18  dB.  Curve  E shows  the  drastic 
improvement  in  performance  by  the  time  gating  (band  pass 
filtering)  of  the  major  portion  of  the  jammer  frequency 
components  from  the  input  signal  transform. 

Conclusions 


Acknowledgeme  nts 

Hie  authors  would  like  to  express  their  apprecia- 
tion to  Tom  A.  Martin  and  Pierre  Dufilie  for  supplying 
the  IMCON  pulse  compression  filters  and  to  Steven  Fellows 
and  Ernie  Williams  for  their  contributions  with  respect 
to  circuit  design  and  construction. 

References 


1.  C.  Atzeni,  G.  Manes  and  L.  Masotti,  "Programmable 
Signal  Processing  By  Analog  Chirp  Transformation 
Using  SAW  Devices",  1975  Ultrasonics  Symposium  Proc., 
PP.  371-376. 

2.  D.  R.  Arsenault  and  P.  Das,  "SAW  Fresnel  Transform 
Devices  and  Their  Applications",  1977  Ultrasonics 
Symposium  Proc.,  pp.  969-973- 

3.  0.  W.  Otto,  "The  Chirp  Transform  Signed.  Processor", 
1976  Ultrasonics  Symposium  Proc.,  pp.  365-370. 

4.  L.  B.  Milstein,  D.  R.  Arsenault  and  P.  Das,  "Trans- 
form Domain  Processing  For  Digital  Communication 
Systems  Using  Surface  Acoustic  Wave  Devices",  AGARD 
Conf.  Preprint  Ho.  239  on  Digital  Communications  In 
Avionics,  pp.  28-1  to  28-15,  1978. 

5.  M.  A.  Jack,  G.  F.  (■lanes,  P.  M.  Grant,  C.  Atzeni,  L. 
Masotti  and  J.  H.  Collins,  "Real  Time  Network  Ana- 
lyzers Based  On  SAW  Chirp  Transform  Processors", 

1976  Ultrasonics  Symposium  Proc.,  pp.  376- 381. 

6.  P.  Das  and  D.  R.  Arsenault,  "Application  of  SAW 
Devices  In  Non-destructive  Testing  Using  Ultrasound", 

1977  Ultrasonics  International  Proc.,  pp.  245-252. 

7.  H.  M.  Gerard  and  0.  W.  Otto,  " A Programmable  Radar 
ftilse  Compression  Filter  Utilizing  Chirp  Transform 
Correlation",  1976  Ultrasonics  Symposium  Proc., 

pp.  371-375. 

8.  L.  B.  Milstein  and  P.  Das,  "Spread  Spectrum  Receiver 
Using  Surface  Acoustic  Wave  Technology",  IEEE  Trans, 
on  Comm.,  Vol.  com-25,  No.  8,  pp.  841-847,  Aug.  1977. 

9.  H.  M.  Gerard,  P.  S.  Yao  and  0.  W.  Otto,  "Performance 
Of  A Programmable  Radar  ftilse  Compression  Filter 
Based  On  A Chirp  Transformation  With  RAC  Filters”, 
1977  Ultrasonics  Symposium  ft-oc.,  pp.  9^+7-951. 

10.  A.  Papoulis,  "Signal  Analysis",  McGraw-Hill,  1977. 

11.  T.  A.  .Martin,  "TJle  IMCON  ftilse  Compression  Filter 
And  Its  Applications",  MTT-21,  April  1973,  PP.  186- 
194. 

12.  P.  Das,  D.  R.  Arsenault  and  L.  B.  Milstein,  "Adaptive 
Spread  Spectrum  Receiver  Using  SAW  Technology", 
National  Telecommunication  Conference  Record,  IEEE 
Riblication  No.  77  CH  1292-2,  pp.  35.7-1  t.'  35.7-6, 
1977. 


A detailed  discussion  of  a Fourier  transformation 
correlation  receiver  was  given  with  emphasis  on  contig- 
uous operation.  Due  to  the  lack  of  a sufficient  number 
of  devices  the  system  could  not  be  built  in  its  desired 
formed,  however  its  performance  was  as  expected  and 
therefore  satisfactory.  The  probability  of  error  data 
specifically  shows  the  potential  of  the  SAW  system  as  a 
jam  resistant  spread  spectrum  receiver.  The  ability  to 
obtain  the  Fourier  transform  of  a signal  at  high  fre- 
quencies using  SAW  chirp  filters,  facilitates  the  per- 
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Figure  g.  Multiple  Exposure  Demonstrating  The  DiS' 
tortion  Imparted  At  A Mixer  Output  When  One  Of  The 
Signals  Is  A Ramp  While  The  Other  Is  A Low  Level, 
non- saturating  KF.  The  Different  Exposures  Repre- 
sent Different  RF  Levels.  A Saturating  RF  Would 
Produce  The  Scribed- In  Ramp. 


Figure  8.  Barker  Code  Correlation  Obtained  From  A 
Well  Tuned  Non-contiguous  Receiver. 


[CHtRP  Pit  TE«] 


[chirp  hlxcb 


Figure  9.  Transform-Correlation  Fairs  Of  A Carrier 
Modulated  Encoded  Data  Stream  Showing  No  Jammer 
(First  Two  Traces),  A Jammer  (Second  Two  Traces)  And 
The  Jammer  Removed  Ry  Time  Gating  (Last  Two  Traces). 
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Figure  6.  Actual  Implementation  Of  The  Contiguous 
Correlating  Receiver  Utilizing  Six  Chirp  Devices 
And  A Gated  Chirp  Generator. 


Fiioire  7.  Actual  Outputs  Of  The  Conti  imous  Corre^ 
lating  Receiver. 


Figure  10.  I’robability  of  Error  Curves  For  The 
Non-contiguous  Correlating  Receiver. 
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